Real generalized cepstral analysis is introduced and applied to speech deconvolution. Real pseudo cepstrum of the vocal tract model impulse response is defined and applied to the analysis of Czech vowels. The energy concentration measure of the real pseudo cepstrum of the vocal tract model impulse response is introduced and evaluated for Czech vowels pronounced by male and female speakers. The goal of this investigation is to find a robust and more reliable method of vocal tract modeling also for voices with high fundamental frequency, i.e. for female and child voices. From the investigation follows that vowel and speaker dependent generalized cepstral analysis can be found which is more robust in speech modeling than cepstral and LPC analysis.
Introduction
In the papers [1] [2] [3] a parametric speech modeling approach based on homomorphic signal processing [4] using spectral analysis was presented and applied to speech synthesis.
In 1979 Lim [5] suggested a new nonlinear signal transformation, which converts the convolution of two signals, one of which is a train of pulses, into another convolution, in which the transformed impulse response is shorter than the original one and better separated from the other signal. Using this transformation it is possible to deconvolve a speech signal, i.e. to extract the transformed impulse response from the transformed speech signal by applying a suitable window and after inverse transformation to obtain the impulse response of the vocal tract model with greater accuracy than in classical homomorphic deconvolution. Let us call this nonlinear signal transformation generalized homomorphic approach.
In papers [6] [7] [8] this principle of generalized homomorphic signal analysis was applied to speech deconvolution and to vocal tract modeling. A comparison of the computational complexity of cepstral IIR and FIR vocal tract models may be found in [9] . In this contribution generalized homomorphic signal analysis is used for the analysis of Czech vowels uttered by male and female speakers and compared with results obtained by homomorphic signal analysis.
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Processing (NOLISP 05) Barcelona, Spain A new transformation is searched for, which converts the convolution (1) into another convolution
with shorter "impulse response" ( ) In homomorphic analysis the function
is applied in the definition of the complex cepstrum. In real cepstrum computation
used and for estimation of the autocorrelation sequence in the time domain we
In [9] a unifying view on cepstral and correlation analysis was presented. Lim proposed for the spectrum transformation the function
In this contribution we shall not use the complex spectrum ( ) The transformation in the frequency domain is therefore defined as
The application of this transformation to (2) results in
The symbols ( ) By inverse Fourier transform the convolution in the form of (3) is obtained, but
We shall call the transformed sequences real pseudo cepstra corresponding to the
and ( ) n h , respectively they could be called pseudo correlation sequences. Lim calls them spectral root cepstra.
The real pseudo cepstra are two sided, they have a causal and an anticipative part. Since the Fourier transforms in (6) of the real pseudo cepstra are real, for the sequences in (7) hold will not be examined.
As already mentioned in Chapter 1, the aim of the pseudo cepstral approach is the robust extraction of the pseudo cepstrum ( ) n h γ by windowing the speech pseudo cepstrum ( ) n s γ . Several approaches for inverse pseudo cepstral transformation of ( ) n h γ , i.e. for approximate estimation of ( ) n h , are summarized in [6] [7] [8] . 
Concentration Measure of the Transformed Impulse Response
The concentration measure is given as ( ) 
The low summation index is set 1 = n , since ( ) 
Concentration Measure for Male and Female Voices
In the following experiment we evaluate . For spectrum analysis Hamming windowing was applied.
In Fig. 1 and 2 we see the energy concentration measure The positions of the maxima depend on the ratio of the numbers of poles and zeros of the corresponding speech models, which was already stated in the paper by Lim using an experimental signal model. For a system with only zeros in its transfer function, i.e. for a finite impulse response system (FIR), the maximum of
In the case of an all pole transfer function, the maximum lies at .
For an infinite impulse response system (IIR) with equal number of poles and zeros the maximum of
. This statement is not peremptory, the maximizing value of γ depends also on the mutual position of the formants and on the fundamental frequency period L , i.e. it is speaker dependent. for the female voice are mostly smaller than for the male voice, which is given by the shorter fundamental frequency period L of the female voice in relation to the effective length of its transformed speech model impulse response ( ) n h γ .
Conclusion
The aim of the pseudo cepstral approach to speech analysis is to achieve greater accuracy of the vocal tract model in comparison to the accuracy obtained using cepstral speech modeling. The optimum value of the parameter γ is in relation to the number of formants and antiformants and to the fundamental frequency of voiced sounds. The pseudo cepstral speech model for 0 = γ corresponds to the cepstral speech model. The approximation error of the pseudo cepstral speech model depends on the parameter γ and on the length and type of the window used for pseudo cepstrum weighting. The second goal of this investigation is to find a robust and more reliable method of vocal tract modeling also for voices with high fundamental frequency, i.e. for female and child voices. The signal transformation described in this paper has been tested using a synthetic signal with three formants and a variable fundamental frequency [10] . It has been verified that the accuracy of the pseudo cepstral speech model is greater than that of the cepstral one, but the difference is not so convincing.
Pseudo cepstral speech analysis has been applied in the last years also in recognition of noisy speech, e.g. in papers by Alexandre and Lockwood [11] , Zühlke [12] and Chilton and Marvi [14] . In these contributions an improvement was registered, but for different values of the parameter γ . Another application of generalized homomorphic speech analysis is its use for fundamental frequency estimation, which is summarized in [15] .
